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During the 1976 contrac t year our wor k for the Of f ice of

Scientific Research has accomplished the following goals:

“ l~ Implementation of prog r ams and procedures for storing labels

which contain descrip t ive informa tion abou t speec h even ts ,

thereby permitting sorting and retrieval of speech sounds

based upon certain qualities or characteristics~

( 2’~ ‘-The implementation of an automatic procedure for screening

data for the purpose of locating potentially erroneous

samples in a large data base:

( 3) The formulation of an automatic boundary detection algorithm

which is useful for locating the boundaries between speech

sounds,

- 4’~ The formulation of an automatic steady—state detection

algor ithm which loc~ tes and labels the most stable interval

of a speech sound .

~ 

—

11

A -~~~~~~~~~~~~~ . ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~



- ~~~~~ -~~r-~~~~~~~~~~~~~~~~~~ - -, --- - -. -~~~ - - .~ - . -  -~~~~~~ - - -~~~~~~~~- •- — - -

2

SPEECH LABELS

The standard reference for the classification of speech

events is the perceptual transcription. The cod ing of

transcriptions into a computer has made it possible to tabulate

statistics on natural speech for acoustic and linguistic studies.

For making acoustic measurements on conversational speech wh ich

has been stored in computer files , a convenient method of

referr ing to the acou stic segmen ts is necess ary, along with the

transcriptional notation identifying each segment. This has been

accomplished by means ot a descriptive file which contains a

label for each event ot interest in the speech file. Programs

can then access the label files for transcriptional information ,

as well as for the locations of the acoustic segments themselves.

• The label files therefore serve as directories of the speech

files.

A label consists of two lineE- of text (ASCII) and it
- 

•
. contains two basic kind s of information about a speec:h event, 1)

its description , 2) its location. The descriptic’n of the event

• is divided into the follow i ng six fields which make up the first

line of the label .

1. Seqment identification (20 characters) - cont~~ins some
pr edefined set of symbols wh ich identify the event being
labeled .

2. Stress (two digits) — if th~ event has sornc stress level
which can be quantified .

L 3. Environm ent (eight characters) — identification codes of the
events adjacent to the labeled event can he stored . This
field is symmetrical ly defifled such that the four leftmost
charac ter s are for the lef t env i ronmen ts and the four
rightmost characters are for the right environments.

—- —-- - —- - -
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4. Sequence number (five digits) — labeled events ~an be
numbered if desired .

5. Word orthography (20 characters) — when labeling sub—word
events it may be beneficial to retain the orthography of the
word in which the event occurred .

• 6. Speaker initials (eight characters) — the initials of the
speaker to whom the labeled event belongs.

The second line of a label contains information pertinent to

the location of the event in the digitized speech file , plus some

documentary items. There are six fields in the second line.

1. Starting sample point (nine digits) — sample point number of
the init L al boundary of the event.

2. Number points (nine digits) — number of sample ooints in the
event .

3. Sampl ing frequency (five digits) — sampling frequency at
which the event was digitized .

4. File name (24 characters) — name of the file in which the
event is located . The complete specification also includes

• the device on wh ich the file is located and the directory
under wh ich it is stored .

5. Date (nine characters) — date the l abel was created .

6. User initials (eight characters) — initials of the person
• doing the labeling .

• The purpose of a label file is to act as a reference for the

contents of a speech file. Labeling is performed at an

interac t ive compu ter te rm inal where the researc he r can use a ti me

synch ron i zed di sp lay of the acous ti c wave , the RMS energy of the

• s ignal , and the formant frequency patterns to assist in locating

the desired events. Once the segment bound aries have been marked

L A ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ -- --——- -~~~~~~-~~~~~~~~~~~~~~ ----—-~~~~~~~~~~~~ 



(either by hand or by an automatic process) the researcher is

asked to enter the information for the first five fields of the

firs t line of the label . All the remaining informat ion in the

label is suppl ied by the computer . The five descriptor fields

— are all optional so any number of them can be omitted .

As mentioned previously, the information content of any one

label is descriptive enoug h that each label can stand on its own

as an independent unit. Because of this , events can be labeled

in any order and they can even be in different speech files.

Likewise , label ing can be incomplete , i.- ., if there is only

interest in vowels then only the vowels need to be labeled .

H
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DISTRIBUTION FILTERING

- . 
The collec tion of large scale speech data bases may require

that the process of labeling relevant eventc in the acoustic

signal be automated as much as possible. As a starting point for

developing automated procedLres we have irvestigated some

characteristics of a manua lly label led data base . This

investigation was aimed at the follow ing questions: 1) what type

and magnitude of error s are pres ent in acous tic measur es on this

data base , 2) what. are the majcr sources of these errors , and 3)

what can be done to reduce them .

• The data base used for this study consists cf 675 vowel

tokens representing ten different vowel cateqor iCE taken from a

recorded interview with a sing]e speaker. Vowels were labelled

using a phonemic transcription. Transcription symbols were

associated with the digitized acoustic waveform through an

interactive process. The vowels were then analyzed for the

frecuency , bandwidth and amplitude of the first three formants by

l inear prediction analysis.

• A s a f i r st step in charac ter iz ing the e r ro rs  in acous tic

measures on this data base , plots were made of the formant

frequencies for all tokens of each vowe l to observe trends in the

data and gross excursions from these trends. Wh ile most data

poin ts had quite reasonable values for their respective vowels ,

there were several wh ich departed radically from the central

clusters. Possible sources of larg e errors which could explain

the deviant samples are: 1) presence of int er--for m ant spectral
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pea ks , 2) merqed spectral resonances- , 3) label ing errors , 4)

transc r ipt ion er rors , or 5) improper location of the steady—state

analysis window . Regardless of the source of error , in c l u s ion of

strongly deviant samples would obviously degrade pattern

• recognition performance. Therefore , they must b~ detected and

ei ther corrected or excluded trom consideration. Even jf there

is no g ross error resul t ing from any of the fiv e mai n sources,

there will still be some random error associated with the

numer ical estimate of a correctly identified spectral peak. This

s imple  measur emen t no i s e , however , appears to he small in

comparison to actual fluctua tions in the speech signal , and is

therefore not a major concern in the present context.

• Variability may be characterized by the mean and standard

deviation of formant frequency distributions for each vowel

category. The possible sources of variability can best be

explored by examining individual vowel tokens whose parameter

values lie ou tside of some range. For this purpose , we adopted a

technique called distr ibutional filtering which rejccts tokens

• hav i ng values greater than a certain number of standard

deviations from the mean . A sirn ile r technique was used by

Pe terson an d I~arney 1 to detect measurement error~~.

A basic question with regard to these filters is , wflat IS

the optimum number of standard deviatio ns wh ich will includ e most

1Pe terson , G. E. and t~arney, H. 1.. (1952) , Control methcds used
Lfl a study of the vowels. J. Acoust. Eec. ~m e r . ,  24:2,
175—184.

~~~~~~~~ ~~~~~ — - •~~~~~~~~~_~~~- ---- -~~~~ - -
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of the good measurements and exclud e most of th~ w i l d  samples

resulting from the above five sources of error? To explore this

problem , we tested six different ranges from 0.5o to •3.Ou . Plots

were made of the percentage of the origin al number of tokens

wh ich passed the filter as a function of nercentaq e expected for

normally distributed , independent par~ Treters . Only the vowels

lu , /1/ , /~/ and Ia! were used for this portion of the study

because the greater number of tokens in these categories

permitted more reliable statistics to be calculated for each

filter condition. Despite differences in distributional

characteristics , all four vowels shcwed similar trend s , i.e.,

that filters with rang e less than about 2.Oo deviate markedly

• from expectation since far more tokens pass the filter than would

be expected . This is probably attributable to the f5~ct that the

s t a n d a r d  d e v i a t i o n  of the  or iq m a ]  s~ m p l c  is a poor e~~t i m a c e  fo r

that of the underlying population with efror points removad . We

therefore chose 2o as the rang e to study rejected tokeis for

sources of variability. _ :

• The 2o filter rejected 75 out of a total of 501 tokens in

the four vowel categories. When fc rma nt frequency rwasurements

for the re jec ted tok ens were  ex~ min ed in the conte~<t of

surroun ding sounds , it was found that 26 of th?se r.ieasurements

could have been closer to population norm s LI the an :iiysis window

had been placed differently. Tnis finding gives soc~e inthcation

of the need for more objective and perhaps automatic detection of

the steady—state portions of vowels , S L f l C C  such on alqor ithm 

- - - - -~~~~~~~~~~~~~~ -—~~~~ -- -- - -~~~——--•-~~~~~~~~~~~— ~~~--- ~~~ —— - -• -~~~~-~~~~~~
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would have greatly reduced the variabi lity of dispersion and skew

in the data base under study. Twenty of these 75 probably had

incorrect transcriptions, it was observed that 23 of the

- 

- remaining 29 tokens were heavily coarticulate’J w i t h  r i a sa l s  and

liquids , thus indicating that tiost of the residue of large

— departures are not attributable to gross errors , but indicate

-
. 

real variability in the speech signal .

I s
Ii
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AUTOMATIC BOUNDARY AND STEADY-STATE -ETECTION

The results of the investigation just described suggested

that automatic label ing procedures cculd help to •~l intinate errors

in speech date bases. In studies of speech sounds the  labeling

• 
• process is typically done by hand , that is , the researcher uses a

computer to aralyze and display certain acoustic parameters and

then a decision is made about toe boundaries between sound units

and about the location of the most steady—state portion of the

sound (if applicable) . In the per formance of t’~esc tasks it is

important to l~ave a set of criteria or guid2lines so that

consistent decisions can be made. We have  accompUshed this by

means  of an algorithm which computes the spectral variance in the

speech s igna l  as a f u n c t i o n  of t ime.  Th i s  v a r  i ance  f u n c t i o n  - -

— tends to have local maxima i i i  t he  t r a n s i t i o n  seq ~on s be tween

sounds and local minima in ~ounds which can h v e  steady—st ate

characteristics. The appropriat ? maxima and mini ma are detected

- 
.- automatically and the resulting 5oundary and steady—state markers

displayed for v i s u a l  ver i ficatio i . The r e su l t  is an e l e m e n ta r y

• automatic segmentation process wh ich is speaker in dependent and

opera tes on conversational sp’?ech. This process gives us

consistent algorithmic criteri a for label ing sp~ ech sounds ,

thereby giving more reliable data samples. Furth -~rm ore , this

represents the first step towar ds automatic data qathering , w h i c h

is important collecting the large number o~ samples rec~uired in

acoustic studies of speech sounds.

L ~ - __________
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PUBLICATIONS

As a result of our research for AFOS fl, sever~ 1 papers have

been prepared :

A. Publications

1. June E. Shoup and Larry. I .  P f o i t e r , Acous t ic
Characteristics of Speech Sounds , Contemporary Issues
in Fxperimental Phonetics , edited by Norman Lass , New
YorV : Academic Press , ?P. 171—224 , 1976.

2. Ralph H. Fertig , Temporal Interrelatio ns in Selected
English CVC Utterances , SCRL Monograph No. 12 , Speech
Communications Research Laboratory, Inc., Santa
Barbara , CA. , 1976.

3. Larry L. Pfeifer , An I n t e r a c t i v e  L a b o r a t o r y  System fo r
Rese a rch  in Speech and S i g n a l  P r o c e s s in g , Su b m i t t ed to
I E E E  T r a n s .  on A c o u s t i c s , Speec ’i and Si gn a l
Processina .

B. Presentation with Published Abstract

1. Rober t  J. Hanson  and L a r r y  L. P f e i f e r , L a b e l i n g  Spee ch
Events  fo r  1~c o u s t ic  and L i n g u i s t i c  P r o c e s s i n g ,
presented at the 92nd -neeting of the Acoustical Society
of America , San Dieg o , CA., November , 1976. Abstract
pub l i shed  in The J o u r n a l  of the  A c o u s t i c a l  Soc ie ty  of
America , vol. 60, Supplement 1, pp. 512 — 5 13 , 1976.  
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